Digital signal processing (DSP) is the study of signals in a digital representation and the processing methods of these signals. A digital filter uses a digital processor to perform numerical calculations on sampled values of the signal. The analog input signal must first be sampled and digitized. The resulting binary numbers, representing successive sampled values of the input signal, are transferred to the processor, which carries out numerical calculations on them. These calculations typically involve multiplying the input values by constants and adding the products together. If necessary, the results of these calculations, which now represent sampled values of the filtered signal, are output to convert the signal back to analog form. To achieve the desired filtering effect, Digital filters can achieve virtually any filtering effect that can be expressed as a mathematical function or algorithm.
INTRODUCTION
In the design of frequency selective filters, desired filter characteristics are specified in the frequency domain in terms of the desired magnitude & phase response of the filter. In the filter design process, the coefficients of a causal FIR are determined that closely approximates the desired frequency response specifications. Although the frequency response characteristics possess by ideal filter may be desirable, they are not absolutely necessary in most practical applications if these conditions are relaxed, it is possible to realize causal filters that approximate ideal filters as closely as desired. In this paper the EMG signals are considered which have the voltage levels in the range of 10mv and frequency up to 120 Hz which is considered as the low frequency small voltage signal. Now a low pass FIR filter for the small signal having the cutoff frequency of 120 Hz is designed.
SYSTEM MODEL
A desirable property of the window function is that the function is of finite duration in the time domain and that the Fourier transform has maximum energy in the main lobe or a given peak side lobe amplitude. In a Kaiser window the side lobe level can be controlled with respect to the main lobepeak by varying a parameter,α. 3. Store the filter coefficients into a memory location. 4. Generate the codec for programming at buffering level. 5. Shuffle the buffer according to order of filter. 6. Multiply the filter coefficients with discrete signal values and add it up to the order of the filter. 7. Store the resultant discrete samples and fetch it to the output section. Note: since used order of the filter as 31 and the input signal is having the voltage level 6.8 mV hence the output after filtering is being attenuated with a factor 1/3 and the signal will disappear in real time application so the need of amplification occurs.
Algorithm3: Real Time Implementation 1. The applied analog signal is digitized through DSP processor. 2. These digitized samples are passed through the multiplication factor of gain of amplifier. 3. The gained signal is factorized with the coefficient of the order of the filter. 4. The amplification factor depends on the requirements and be so chosen that it should not disturbed the shape of output means the noise level should be minimum. 5. These amplified samples stored into the memory location of the processor.
6. Stored samples are multiplied and add with the coefficients of the filter number of times according to the order of filter.
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FUTURE SCOPE:
Digital signal processing is a rapid growing field; the most of work in signal processing is being digitized for the accessibility and the reliability of digital signal processing. It is good era to work in this field for the research scholars. The key factor in digital signal processing is the filter designing to meet the requirements in various applications.
CONCLUSION
In this paper, a digital FIR low pass filter having cutoff frequency 120Hz applicable on very small voltage signal like EMG is designed. The faithful amplification is also been achieved through the digital amplification process. From result studies, the proposed method is highly effective & efficient.
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